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SPECIFICATION 

Electronic Version 1.2.8 
Stylesheet Version 1 .0 

[SILENT REDIAL SYSTEM FOR 
VOIP MODEM] 

Background of Invention 

[0001] 1 . Field of the Invention 

[0002] The present invention relates to a VoIP modem, and more specifically, to a VoIP 

modem capable of performing a silent redial with a public switched telephone network 
(PSTN). 

[0003] 2. Description of the Prior Art 

[0004] With the growing popularity of high-speed Internet connections, it is now feasible 
for Voice over Internet Protocol (VoIP) phone calls to be made over the Internet. One 
main advantage of using the VoIP modem is VoIP phone calls are significantly less 
expensive than phone calls made over a public switched telephone network (PSTN). 
Unfortunately, there are times where quality of a VoIP connection suffers, and it is 
desired to switch the phone connection to the PSTN. Therefore, VoIP modems with 
PSTN backup capabilities have been developed. The VoIP modem is originally set in 
VoIP mode, and a user is allowed to switch it into PSTN mode to make a telephone call 
through PSTN. Additionally, it is desirable to use the PSTN in emergency situations 
due to its relative stability compared to VoIP connections. In this situation, the 
existing VoIP connection with a subscriber line interface circuit (SLIC) must be 
disconnected, and the VoIP modem establishes a new connection with the PSTN and 
automatically redials the number to PSTN. 

[0005] 

Please refer to Fig. 1 . Fig. 1 is a block diagram of a VoIP modem redial system 10 
according to the prior art. The VoIP modem redial system 1 0 comprises a telephone 
set 1 2 and a mechanical relay 20 for connecting the telephone set 1 2 to a PSTN 22 or 
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to a SLIC 14. A subscriber line interface circuit (SLIC) is used for interfacing analog 
telephone signals with a VoIP modem so that the voice data can be transferred 
through the VoIP network. In addition, the VoIP modem redial system 1 0 comprises an 
off-hook and ring detect circuit 1 8 connected to the PSTN 22 and to the telephone set 
12 through the mechanical relay 20 for detecting a ring signal from the PSTN 22 and 
an off-hook status of the telephone set 12. Finally, a dual tone multi-frequency 
(DTMF) redial coupling circuit 16 is connected between the SLIC 14 and the PSTN 22 
for passing redial signals from the SLIC 14 to the PSTN 22. 

[0006] When the VoIP has a not ready status, the mechanical relay 20 will switch such 

that the telephone set 1 2 is connected to the PSTN 22, and the user can make phone 
call with the PSTN 22. Alternately, if the VoIP had a ready status, then the mechanical 
relay 20 will switch to connect the telephone set 1 2 to the SLIC 1 4 in order to utilize 
the VoIP service. A user can dial a predetermined code, for example "****", to 
manually switch the relay 20 to connect the telephone set 12 to the PSTN 22. 

[0007] Although making telephone calls over a VoIP network is less expensive, the voice 
quality of the VoIP phone calls is sometimes unstable, and, in some important 
situations, such as in an emergency, the user does not wish to encounter telephone 
service failure. In VoIP modems with PSTN backup capability, if the user dials in VoIP 
mode a telephone number (such as 91 1) which is pre-stored in the device, the 
number will be automatically redialed to PSTN to establish a phone call through the 
PSTN instead of through the VoIP network. That is, the VoIP modem redial system 1 0 
will automatically switch the mechanical relay 20 to be connected to the PSTN 22 and 
send a redial signal to it. If the telephone set 1 2 uses tone-dialing, the SLIC will 
produce DTMF tone redial signals and send the signal to PSTN 22 through the DTMF 
redial coupling circuit 1 6. On the other hand, if the telephone set 1 2 uses pulse- 
dialing, the mechanical relay 20 will be controlled to quickly open and close to 
produce the correct dialing pulses. In this way, automatic redial is performed by the 
VoIP modem redial system 10. 

[0008] 

In the above system, the redialing process is performed while the telephone set 1 2 
is directly connected to the^PSTN 22. This means that the user will hear redialing 
sounds associated with either the DTMF tone redial or the dialing pulse redial. 
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However, these audible redialing sounds are distracting to the user of the VoIP 
modem redial system 10. The user can become confused when hearing these redialing 
sounds. 

Summary of Invention 

[0009] It is therefore a primary objective of the claimed invention to provide a silent 
redial system for a VoIP modem in order to solve the above-mentioned problems. 

[001 0] According to the claimed invention, a redial system for a VoIP modem comprises a 
subscriber line interface circuit (SLIC), for interfacing analog telephone signals from a 
telephone set to the VoIP modem, and for generating, when receiving a dialed 
telephone number which matches a predetermined telephone number, redial signals 
to a public switched telephone network (PSTN). The redial system for a VoIP modem 
also includes a first relay for selectively connecting the telephone set with the PSTN or 
connecting the telephone set with the SLIC, a dummy load, a second relay connected 
between the PSTN and the dummy load for selectively establishing or de-establishing 
a connection between the PSTN and the dummy load, a third relay connected between 
the first relay and the SLIC for selectively establishing or de-establishing a connection 
between the first relay and the SLIC, and a control means for controlling the second 
and third relays to establish the connection between the PSTN and the dummy load 
and de-establish the connection between the first relay and the SLIC during the 
generation of the redial signals. 

[001 1] It is an advantage of the claimed invention that the telephone set is not connected 
to the PSTN when redialing signals are being transmitted in order to keep a user from 
hearing sounds associated with the redialing process. In this way, a silent automatic 
redial function is performed. 

[0012] These and other objectives of the claimed invention will no doubt become obvious 
to those of ordinary skill in the art after reading the following detailed description of 
the preferred embodiment, which is illustrated in the various figures and drawings. 

Brief Description of Drawings 

[001 3] Fig.l is a block diagram of a VoIP modem redial system according to the prior art. 
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[001 4] Fig. 2 is a block diagram of a VoIP modem redial system according to the present 
invention. 

[001 5] Fig. 3 is a flowchart illustrating silent DTMF redial process for a telephone that 
uses tone-dialing according to the present invention. 

[001 6] Fig.4 is a flowchart illustrating silent pulse redial process for a telephone that uses 
pulse-dialing according to the present invention. 

Detailed Description 

[001 7] Please refer to Fig. 2. Fig. 2 is a block diagram of a VoIP modem redial system 30 
according to the present invention. The VoIP modem redial system 30 comprises a 
subscriber line interface circuit (SLIC) 38, for interfacing analog telephone signals 
from a telephone set 32 to the VoIP modem to couple the telephone set 32 to a VoIP 
network, and for generating, when receiving a dialed telephone number which 
matches a predetermined telephone number stored in the modem, redial signals to a 
public switched telephone network (PSTN) 42. The VoIP modem redial system 30 also 
comprises a first relay 40, preferably a mechanical relay, for selectively connecting the 
telephone set 32 with the PSTN 42 or connecting the telephone set 32 with the SLIC 
38. The VoIP modem redial system 30 further includes a dummy load 48, and a 
second and third relay 50, 36, which are preferably photo relays. The second relay 50 
is connected between the PSTN 42 and the dummy load 48 for selectively establishing 
or de-establishing a connection between the PSTN 42 and the dummy load 48, and 
the third relay 36 is connected between the first relay 40 and the SLIC 38 for 
selectively establishing or de-establishing a connection between the first relay 40 and 
the SLIC 38. Two control circuits 52, 34 are used for controlling the second and third 
relays 50, 36, respectively. The second and third relays 50, 36 are controlled to open 
and close to establish the connection between the PSTN 42 and the dummy load 48 
and to de-establish the connection between the first relay 40 and the SLIC 38 during 
the generation of the redial signals. 

The VoIP modem redial system 30 further comprises an off-hook and ring detect 
circuit 44 electrically connected to the telephone set 32 through the first relay 40 and 
to the PSTN 42 for detecting an off-hook status of the telephone set 32 and for 
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detecting ringing signals of incoming calls from the PSTN 42. Also, a DTMF (dual tone 
multi-frequency) redial coupling circuit 46 is electrically connected between the SLIC 
38 and the PSTN 42 for coupling the redial signals to the off-hook and ring detect 
circuit 44 and for isolating voltages of the off-hook and ring detect circuit 44 from 
voltages of the SLIC 38. 

[001 9] As described in the prior art, in the case of an emergency, it is desirable to use the 
PSTN due to its relative stability compared to VoIP connections. For example, a 
predetermined dialing rule or a predetermined number such as "91 1 " is stored in the 
modem. When a user dials a number which matches the stored dialing rule or number, 
the redialing process will be initiated to establish a new connection over the PSTN. 

[0020] Different redialing procedures are used respectively for telephones that use tone- 
dialing and for telephones that use pulse-dialing. In each case, the VoIP modem redial 
system 30 is initially in VoIP mode. This means that the first relay 40 is switched to 
connect the telephone set 32 to the SLIC 38. Furthermore, the second relay 50 is open 
and the third relay 36 is closed. 

[0021] Please refer to Fig. 3. Fig. 3 is a flowchart illustrating silent DTMF redial process for 
a telephone that uses tone-dialing. 

[0022] Step 1 00:Start; 

[0023] Step 102: 

[0024] User dials in tone dialing mode a predetermined telephone number that matches a 
dialing rule or a number stored in the modem. This initiates the redial procedure; 

[0025] Step 104: 

[0026] The control circuit 52 controls the second relay 50 to close. A connection between 
the dummy load 48 and the PSTN 42 is established to give the PSTN 42 an off-hook 
status; 

[0027] Step 106: 

[0028] The control circuit 34 controls the third relay 36 to open so as to disconnect the 
telephone set 32 from the SLIC 3 8; 
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[0029] Step 108: 

[0030] The SLIC 38 reproduces a DTMF redial tone to the PSTN 42 through the DTMF 
redial coupling circuit 46; 

[0031] Step 1 1 0:The first relay 40 switches to connect the telephone set 32 to the PSTN 
42; 

[0032] Step 112: 

[0033] The control circuit 34 controls the third relay 36 to close, which establishes a 
connection between the first relay 40 and the SLIC 38; 

[0034] Step 114: 

[0035] The control circuit 52 controls the second relay 50 to open. This terminates the 
connection between the dummy load 48 and the PSTN 42; and 

[0036] Stepll6:End. 

[0037] Please note that steps 1 1 2 and 1 1 4 are performed after the generation of the 

redial signals has been completed in order to reset the VoIP modem redial system 30 
back to its original state. 

[0038] Please refer to Fig. 4. Fig. 4 is a flowchart illustrating silent pulse redial process for 
a telephone that uses pulse-dialing. 

[0039] Step 200:Start; 

[0040] Step 202: 

[0041] User dials in pulse dialing mode a predetermined telephone number that matches 
a dialing rule or a number stored in the modem. This initiates the redial procedure; 

[0042] Step 204: 

[0043] The control circuit 52 controls the second relay 50 to close and open repeatedly to 
reproduce dial pulses to the PSTN 42. The second relay 50 stays in a closed state after 
the pulse redial is completed. A connection between the dummy load 48 and the PSTN 
42 is established to give the PSTN 42 an off-hook status; 
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[0044] Step 206:The first relay 40 switches to connect the telephone set 32 to the PSTN 

42; 

[0045] Step 208: 

[0046] The control circuit 52 controls the second relay 50 to open. This terminates the 
connection between the dummy load 48 and the PSTN 42; and 

[0047] Step 210:End. 

[0048] Please note that step 208is performed after the generation of the redial signals 
has been completed in order to reset the VoIP modem redial system 30 back to its 
original state. 

[0049] Compared to the prior art, the VoIP modem redial system 30 according to the 
present invention uses the second relay 50 and the third relay 36 to control 
connection of the telephone set 32 to the PSTN 42. When a user dials a predetermined 
code or telephone number, the second relay 50 is closed to establish a connection 
between the dummy load 48 and the PSTN 42. Next, in the tone dialing mode, the 
third relay 36 is opened to disconnect the telephone set 32 from the SLIC 38. Since 
the telephone set 32 is isolated from the redial signals, users will not hear the 
redialing tones or pulses when they are being sent to the PSTN 42. Then, after the 
redialing signals have been transmitted, the first and second relays 40, 50 are 
switched to connect the telephone set 32 to the PSTN 42. Thereby, the VoIP modem 
redial system 30 performs a silent redial process. This prevents the audible redialing 
sounds from distracting the user. 

[0050] Those skilled in the art will readily observe that numerous modifications and 

alterations of the device may be made while retaining the teachings of the invention. 
Accordingly, the above disclosure should be construed as limited only by the metes 
and bounds of the appended claims. 
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